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DECLARATION UNDER 37 CFR 1-132 OF IULIUS L, GOLDSTEIN 
Julius L. Goldstein, being duly warned of the penalties for perjury as noted below, does 

hereby declare as follows: RECEIVED 

1. That he is the inventor of the invention disclosed and claimed in the subject 

JUL 1 5 2004 

United States Patent Application Serial No. 09/935,510. 

2. That he holds a Bachelor of Electrical Engineering (Cooper Union 1957XeChn0l0gy Center 2600 
Masters of Electrical Engineering (Polytechnic Inst of Brooklyn, 1960), and a Ph.D. degree in 
Elecrrical/Biomedical Engineering (Univ. of Rochester, 1965), and that he is presently president 

of Hearing Emulations LLC, His career accomplishments are recognized and summarized in 
Marquis' Who's Who in the World, in Science and Engineering, and in America. Attached 
hereto as Exhibit 1 is his curriculum vitae providing in greater detail his contributions to 
hearing science and engineering throughout his long career in academia and more recently as 
an inventor , including U.S. patent 5,402,493 (issued 3/28/95) and EPO grant EP1121834B1 
(issued 4/02/03). 

3. That he has read and studied the Final Office Action dated April 27, 2004 as well 
as the references cited therein, parlicularly US. Patent No. 4,887,299 (Cummins et al.) and U.S. 
Patent No. 5,848,171 (Stockham, Jr. et al.). 

4. That upon such reading and studying of the Cummins and Stockham Jr. patents, 
he has concluded that, while the instant application, the cited Cummins patent, and the cited 
Stockham Jr, patent all deal with hearing aid technology, the instant application describes an 
invention that utilizes a wholly different technique to provide sound amplification, as will be 
more fully explained below. 

5. That he profoundly disagrees with the statement on page 2 of the Final Office 
Action in the "Response to Arguments" section, wherein the Final Office Action states that the 
Cummins patent discloses the use of instantaneous compressive gam. On this point, Lhe Final 
Office Action reads: 

Applicant alleges that the Ctmamins reference does not teach instantaneous gain 
compression referring to figure 4 in Cummins, Examiner disagrees with such an 
assertion because of the following reasons: 1) No gain change is truly 
instantaneous. Any signal processing system encounters an inherent processing 
delay as the processor must compute output gain values for the inputted values. 
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That process cannot take place instantaneously. As Applicant has described 
instantaneous gain compression as an input/ output relationship which does not 
rely on previous inputs, Examiner has interpreted that feature as one in which a 
signal processor uses a memory to look up output gain values, does not use any 
averaging, but nonetheless is not totally instantaneous. 2) Cummins uses a 
memory to calculate gain values. As taught in the abstract and column 2 lines 
44-48, the digital signal processor has a programmable memory with the desired 
amplification characteristics of the user. 3) The delay mentioned by Cummins in 
figure 4 is to align the input samples with the calculated gain values. The delay 
is necessary because of the inherent processing delay associated with looking up 
the gain values, as mentioned in point 1 above. (See Final Office Action, page 2, 
lines 4-18). 

6, As a first step in explaining how the Final Office Action has misinterpreted the 
Cummins patent relative to the claimed invention, one must first analyze what it means for the 
nonlinear amplifier in Fig. 1 of the present application to provide instantaneous gain 
compression. As stated in the instant application, "[w]hen compressive gain is said to be 
instantaneous, what is meant is that the input/ output relationship is number in/ number out; 
essentially, the compression is memoryless in that the output does not depend upon previous 
inputs." (See Application, page 9, lines 8-12; see also Figures 10, 12-16 (wherein the output at 
any instant is a function of the value of the input u at a single instant)). The basic equations on 
pages 26 and 28 for the transducers in the nonlinear amplifiers explicitly define the output at 
any instant as dependent upon the input v at that instant Therefore, a person of ordinary skill 
in the art would interpret the claim term "instantaneous compressive gain" and its variants in 
the context of the application to mean (1) in a digital system, that the compressive gain of the 
nonlinear amplifier can vary sample by sample of the input, and (2) in an analog system, that 
the compressive gain of the amplifier can vary over a time span of the input that is smaller than 
the Nyquist interval of 0.5/ B W, wherein BW is the bandwidth of the input The use of the 
terms "memoryless" and "instantaneous" T/O functions aTe consistent with standard 
conventions in the hearing amplification device art; that is, the instantaneous nature of an 
instantaneous BPNL transducer refers to its output at any instant being a function of the input 
at that instant In view of the foregoing, with respect to independent claim 2, one novel feature 
thereof is the use of instantaneous nonlinear transducers within, for example, the BPNL 
structure to implement a gain compression specification for hearing aids (see Figs. 7 and 10), 
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without necessitating adaptation requiring measurement of some tone average of the input 
signal. A second novel feature of claim 2 is the use of adaptive compression thresholds to 
control waveform compression in the BPNL processing (see Fig. 1). Conventional hearing-aid 
amplifiers require adaptation to provide the specified gain compression. The conventional 
design philosophy is most explicitly illustrated in Figure 1 of Stockham Jr., as the 
implementation of gain compression with "multiplicative AGC", wherein the multiplier (being 
proportional to the desired gain) is a slowly adapted function of time that avoids signal 
distortion, Cummins also follows this conventional practice and further quantifies the desired 
time course for changes in their amplifier gain; the slow nature of which clearly reveals the 
novelty of the present design. 

7. Column 3, lines 18-33 of the Cummins patent details the non-instantaneous 
nature of the Cummins patent's nonlinear amplifier, Cununins states that "[t]he time constants 
of the non-linear amplifier over which tltegain remains substantially unchanged is an 
important characteristic which affects its performance/' (See Cummins; col. 3, lines 1&-20 
(emphasis added)). Cummins further states "[tjhe longer the time constant, the less 
compression of short term waveform changes is achieved. However, the shorter tlte time 
constant, the more distortion is introduced for a given expansion or compression ratio. In the 
system of the present invention, a time constant value of about 1 to 2 milliseconds provides 
preferred performance/' (See Cummins; col. 3, lines 21-27 (emphasis added)). 

8. Therefore, it must be recognized that Cummins teaches that the amplifier gain 
will remain constant for a minimum duration of 1 to 2 milliseconds. In an 8 kHz digital 
amplifier, these teachings will result in the compressive gain remaining constant for the 
duration of at least 18 to 36 input samples, without regard to the values of those samples. This 
stands in stark contrast to the present invention wherein the compressive gain of the nonlinear 
amplifier in Fig.l can vary sample by sample. Accordingly, it cannot be reasonably asserted 
that the Cummins patent teaches that the compressive gain is instantaneous because its digital 
nonlinear amplifier will not change its gain on a sample by sample basis. 

9. Furthermore, the Cummins patent teaches away from the use of instantaneous 
gain compression because Cummins teaches that if the time constant is too short distortion will 
adversely affect hearing aid performance. (See Cummins, col. 3, lines 22-24). Accordingly, a 
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person of ordinary skill in the art upon reviewing the Curruruns patent will not be motivated to 
use instantaneous gain compression because Cummins tear.hes that distortion from short time 
constants degrades performance. While Cummins recognizes that the amount of distortion 
perceived to be acceptable will vary for different hearing aid users (see Cummins, col. 3, lines 
31-33), this recognition fails to provide any teaching to eliminate the 1-2 millisecond time 
constant altogether, 

10. Furthermore, at col. 5, lines 32-35, Cummins teaches the use of an alLack Lime of 
300 ms and a release time of 2,5 s. These times constrain the time courses for implementing the 
required adaptive gain changes in a multiplicative AGC amplifier, wherein the target gains 
satisfy the gain compression specification {Gain vs. RMS input). The attack time is the interval 
during which the gain of the amplifier is reduced in response to a sharp increase in input sound 
level, while the release time is the interval over which the gain is increased for a sustained 
decrease in input sound level During any small interval of 1-2 ms, the gain is substantially 
constant 

11. The teachings in Curruriins correspond to conventional teachings in the art for 
"attack times" and "release times". Conventional art in the field teaches reasonable attack times 
for gain reduction and reasonable release times for gain increases. According to such 
convention, the choice of attack time is a trade-off that balances acceptable distortion versus the 
risk of overamplifying suddenly increasing input sound levels. Further according to 
convention, the choice of release time is a trade-off that balances the avoidance of unwanted 
gain increases during normal pauses in conversation versus temporary loss of desired gain 
following intense disturbances during a conversation. To implement these design trade-offs, 
conventional art teaches the use of amplifiers whose gain changes relatively slowly in time, a 
technique that can be referred to as "slowly varying multiplicative AGC". 

12. in contrast, the present invention claims the use of instantaneous compressive 
gain. This implementation requires no adaptation to avoid overamplifying sudden increases in 
input sound levels. To control the distortion caused by instantaneous compressive gain, the 
present invention claims the use of an adaptive compression threshold, preferably in 
combination with the second bandpass filter of the generic BPNL signal processing structure 
(see Fig. 1). The target of the adaptation is a waveform quality appropriate for the signals being 
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processed (see Fig. 1). The temporal dynamics of adaptation in the present invention differ 
with respect to conventional art even when processing similar signals. Two examples illustrate 
this claim. With relatively clean speech, waveform compression can be targeted to strengthen 
relatively weak speech components and enhance its intelligibility. Instantaneous compression 
in the present invention successfully provides this enhancement without gain adaptations for 
each speech syllable. When intense transient disturbances interfere with ongoing speech, the 
presen t inven Uon provides gain compression for the disturbance without the conventional 
requirement for slowly acting gain adaptation and without consequent temporary loss of 
sensitivity following the disturbance. 

13, The Stockham Jr. patent cited in the Final Office Action also fails to teach the use 
of instantaneous compressive gain, when considered alone or in combination with the 
Cummins patent A reading of the Final Office Action indicates that Stockham jr. is not 
asserted to disclose ot teach the use of instantaneous compressive gain, but it will nevertheless 
be pointed out that Stockham Jr. is also deficient in this respect. Stockham Jr. discloses a 
generalization of Cummins, wherein conventional art for nonlinear amplification is applied to 
each of a set of frequency subbands spanning the desired audio range. Their "multiplicative 
ACC" nonlinear bandpass amplification (Fig. 1) comprises multiplication of the responses of 
linear bandpass filters by slowly varying multipliers that are proportional to the gain specified 
for the current average input signal level. Consistent with the slow time course of gain changes 
in the Cummins patent Stockham Jr. requires no second filteT following the "multiplicative 
AGC" to control nonlinear distortion. Thus, the generalization by Stockham Jr. of Cummins 
applies conventional art for adaptive gain compression, which is distinct from the present 
invention using instantaneous gain compression for nonlinear amplification of subbands of the 
full sound 

14. Therefore, upon analyzing Hie present application and its pending claims, the 
Final Office Action, and the cited Cummins and Stockham Jr. patents, one must be compelled to 
the conclusion that the Cummins and Stockham Jr. patents, when viewed individually or in 
combination, fail to disclose teach or suggest the use of instantaneous compressive gain, much 
less instantaneous compressive gain in combination with an adaptive compression threshold to 
control waveform quality. Instead, these cited references teach the use of slowly varying 
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multiplicative AGC wherein the gain is substantially unchanging for durations of 1 to 2 
milliseconds, while targeted adaptive gain changes are executed during intervals 2-3 orders of 
magnitude larger. In contrast with the claimed invention, the compressive gain at any instant 
in time will be responsive to the value of the compressor input at a single instant in time. 

15, That all of the foregoing supports the conclusion lhat the methodologies of the 
Cummins patent and the combination of the Cummins patent with the Stockham patent are 
quite different than that of the claimed invention, and that is the conclusion of the declarant 

Further declarant sayeth not 

The undersigned being hereby warned that willful false statements and the like are 
punishable by fine or imprisonment or both, under 18 USC 1001, and that such willful false 
statements and the like may jeopardize the validity of the application, declares that he is 
properly authorized to execute this application on behalf of the applicant; and that all 
statements made of his knowledge are true and that all statements made on information and 
belief are believed to be true. 
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